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(35, 200). A filtered-x LMS algorithm is proposed to calculate the equalizer coefficients (72). To this purpose, the modulated RF 
signal is demodulated at the transmitter and subtracted from a filtered version of the original base band signal. The impulse response 
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Adaptive Pre-Equalization Method and Apparatus 

FIELD OF THE INVENTION 

The present invention relates to a method and apparatus for equalizing a trans- 
mission characteristic of a signal processing circuitry, such as a direct conversion 
5 or heterodyne transmitter using e.g. an Orthogonal Frequency Division Multiplex- 
ing (OFDM) scheme. 

BACKGROUND OF THE INVENTION 

The Institute of Electrical and Electronics Engineers (IEEE) has developed a new 
specification 802.1 1a which represents the next generation of enterprise-class 
10 wireless local area networks (LANs). Among the advantages it has over current 
technologies are greater scalability, better interference immunity, and significantly 
higher speed, which simultaneously allows for higher bandwidth applications. 

OFDM is used as a new encoding scheme which offers benefits over spread spec- 
trum in channel availability and data rate. Channel availability is significant be- 

15 cause the more independent channels that are available, the more scalable the 
wireless network becomes. The high data rate is accomplished by combining 
many lower-speed subcarriers to create one high-speed channel. A large (wide) 
channel can transport more information per transmission than a small (narrow) 
one. The subcarriers are transmitted in parallel, meaning that they are sent and 

20 received simultaneously. The receiving device processes these individual signals, 
each one representing a fraction of the total data that, together, make up the ac- 
tual signal. With this many subcarriers comprising each channel, a tremendous 
amount of information can be sent at once. 

The IEEE 802.1 1a wireless LAN standard defines a high system performance and 
25 therefore requires a certain signal accuracy for the OFDM transmitter output Tak- 
ing the analog base-band and radio frequency (RF) filter imperfections into ac- 
count it is necessary to equalize the signal stream before transmission. The per- 
formance of a transmitter output signal is strongly dependent on the analog filter 
accuracy. To reach high signal accuracy, expensive and precise filters have to be 
30 used. However, in high volume products it is recommended to have those filters as 
cheap as possible. It may be possible to insert low-cost and non-precise analog 
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transmitter filters if an improved equalizer is installed to compensate large ampli- 
tude ripple and group delay in the transmitter pass-band. 

SUMMARY OF THE INVENTION 



It is therefore an object of the present invention to provide an improved equaliza- 
5 tion method and apparatus, by means of which the signal accuracy at the transmit- 
ter output can be improved to thereby reduce filter requirements. 

This object is achieved by a method of equalizing a transmission characteristic of 
a signal processing circuitry, said method comprising the steps of: 

- obtaining a difference between an output signal of said signal processing cir- 
10 cuitry and an input signal of an equalizing function; 

- approximating a gradient of said difference based on said obtained difference 
and an approximation of said transmission characteristic; and 

- updating control values of said equalizing function based on said approximated 
gradient. 

1 5 Additionally, the above object is achieved by an apparatus for equalizing a trans- 
mission characteristic of a signal processing circuitry, said apparatus comprising: 

- comparing means for obtaining a difference between an output signal of said 
signal processing circuitry and an input signal of an equalizing means; 

- approximation means for approximating a gradient of said difference based on 
20 said obtained difference and an approximation of said transmission character- 
istic; and 

- updating means for updating control values supplied to said equalizing means, 
based on said approximated gradient. 

Accordingly, an adaptive pre-equalizing scheme is provided which is able to learn 
25 imperfections of the signal processing circuitry and introduces a pre-distortion of 
the signal supplied to the signal processing circuitry. Thereby, the specifications or 
requirements of the signal processing circuitry can be reduced, or, alternatively, 
freedom is given to accept tighter specifications in future standards. 

Moreover, due to the adaptive pre-equalization function, the solution is independ- 
30 ent of the kind of signal processing circuitry, e.g. whether a direct conversion or 
heterodyne architecture is used. The approximation step may comprise the step of 
calculating an approximation of a least mean square gradient vector of said differ- 
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ence. The gradient vector may be calculated from a partial differential equation of 
a system cost function. 

Furthermore, the difference may be obtained by comparing signal envelopes of 
said output and input signals. In particular, the input signal may be a digital signal 
5 and the output signal may be an analog signal. 

The control values may be coefficients of an adaptive digital filter. 

Additionally, the transmission characteristic may be approximated as a delay func- 
tion. In this case, the delay of the delay function may correspond to the position of 
the maximum analog filter peak in the transmission characteristic. 

10 The comparing means of the equalizing apparatus may be arranged to compare 
the input and output signals based on their envelopes. Furthermore, the approxi- 
mation means may be arranged to approximate said transmission characteristic as 
a delay function and to approximate said gradient by using a least mean square 
approximation function. 

15 The signal processing circuitry may be a direct conversion or heterodyne transmit- 
ter architecture. 

The equalizing apparatus may comprise a digital pre-equalizer means. 

Advantageous further developments are defined in the dependent claims. 

BRIEF DESCRIPTION OF THE DRAWINGS 

20 In the following, the present invention will be described in greater detail based on a 
preferred embodiment with reference to the accompanying drawings, in which: 

Fig. 1 shows a transmitter architecture comprising an equalizing function accord- 
ing to the preferred embodiment; 

Fig. 2A shows a schematic diagram of a known adaptive post-equalization setup; 

25 Fig. 2B shows a schematic diagram of an adaptive pre-equalization setup accord- 
ing to the preferred embodiment; 
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Fig. 3 shows a pre-equalization scheme according to the preferred embodiment; 
and 

Fig. 4 shows a flow diagram based on the pre-equalization scheme according to 
the preferred embodiment. 

5 DESCRIPTION OF THE PREFERRED EMBODIMENT 

The preferred embodiment of the present invention will now be described on the 
basis of a heterodyne OFDM transmitter architecture for an IEEE 802.1 1a wireless 
LAN transmitter architecture as shown in Fig. 1 . 

According to Fig. 1, an input signal which may be based on a binary phase shift 
10 keying (BPSK), a quadrature phase shift keying (QPSK) or a quadrature amplitude 
modulation (QAM) is up-converted and low-pass filtered before being supplied in 
the digital domain to a digital intermediate frequency (IF) circuit 10 at an interme- 
diate frequency of e.g. 20MHz. The generated IF signal is supplied to an adaptive 
pre-equalizer 15 arranged to pre-equalize the signal stream such that the distor- 
1 5 tions generated by non-ideal analog filter circuits of the following stages results 
again in an accurate signal stream. The pre-equalized signal is supplied to a 
transmitter circuitry 200, in which the signal is processed for transmission via a 
transmission antenna 55. 

The transmitter circuitry 200 is based on a heterodyne transmitter architecture and 
20 comprises an analog base band circuit 20 in which the pre-equalized signal is pre- 
pared for transmission, e.g. by applying filtering, channel coding, pulse shaping or 
other suitable processing operations. Then, the processed base band signal is 
supplied to a first up-conversion stage comprising a modulator or multiplier 25 to 
which a signal obtained from a first oscillator 30 at a frequency of e.g. 1 .5GHz is 
25 supplied in order to convert the signal frequency to the 1 .5GHz range. Then, the 
up-converted signal is supplied to an analog IF filter circuit 35 to suppress un- 
wanted frequency components generated by non-linear or other distortions. The 
filtered up-converted signal is then supplied to a second up-conversion stage 
comprising a second modulator or multiplier 40 to which an up-conversion signal 
30 at an adjustable range of 3.5 to 4.5 GHz is supplied from a controllable second 
oscillator 54. Thereby, the signal from the analog IF circuit 35 is finally up- 
converted to an adjustable frequency range of 3.5 to 4.5 GHz. This two-time up- 
converted radio frequency (RF) signal is supplied to a second filter circuit, i.e. an 
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analog RF filter circuit 50 adapted to pass only the desired frequency range of the 
transmission signal supplied to the transmission antenna 55. 

An envelope measurement circuit 60 which may be based on a clamping and/or 
low-pass operation or the like provides the envelope signal of the input signal of 
5 the transmission antenna 55. This envelope signal is then supplied to an ana- 
log/digital converter circuit 65 where it is converted into a digital signal stream 
supplied to a digital envelope error detection circuit 70. At the envelope error de- 
tection circuit 70, the analog/digital converted envelope signal is compared with 
the digital envelope of the output signal of the digital IF circuit 10 so as to calculate 
10 or derive an error value e[k]. In this connection, it is assumed that both envelope 
signals are synchronized. It is noted that corresponding synchronization circuits 
are not shown in Fig. 1. 

Based on the obtained error value e[k], a predetermined number of control values, 
e.g. filter coefficients, is derived and supplied to the adaptive pre-equalizer 15 to 
15 thereby control the equalizing characteristic. Thus, distortions caused by the non- 
ideal transmitter filters 20, 35, 50 can be measured at the envelope error detection 
circuit 70 so as to adaptively control the pre-equaltzing function. Accordingly, an 
adaptive decision-aided pre-equalization scheme is provided in the digital domain. 

Fig. 2A shows a schematic diagram indicating a known adaptive post-equalization 
20 setup, wherein an input data signal first passes a channel 100 and thereafter an 
adaptive post-equalizer 110. Hence, the adaptive post-equalizer feedback loop 
comprising the post-equalizer 110 and a subtraction circuit 90 does not include the 
channel 100. The output signal y[k] of the post-equalizer 110 is subtracted in the 
subtraction circuit 90 from the input data signal d[k] to thereby obtain an error sig- 
25 nal or value e[k] used to control the adaptive post-equalizer 110. The input data 
signal or vector d[k] first passes the channel 100 which may be characterized by a 
transfer characteristic or vector. The output signal x[k] of the channel 1 00 is multi- 
plied with the adaptive filter characteristic or vector of the post-equalizer 110. The 
resulting scalar value y[k] is subtracted from the input sample d[k], and the ob- 
30 tained error value e[k] is used to update the filter coefficients of the adaptive post- 
equalizer 1 10 for the next input samples. It is thus not necessary to know the 
channel transfer characteristic or vector explicitly, because the input data x[k] of 
the post-equalizer 110 automatically contains the channel information. Thus only 
one unknown value, i.e. the optimal coefficient vector must be determined. 
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However, in the pre-equalization process according to the preferred embodiment 
of the present invention, the equalizer is put in front of the non-ideal analog filters 
or channel and hence includes the analog filters or channel in its feedback loop. 
Therefore, the calculation of the optimal coefficient vector is based on two un- 
5 known variables or vectors, the analog filter transfer characteristic or vector and 
the optimal coefficient set of the adaptive pre-equalizer. 

Fig. 2B shows a corresponding adaptive pre-equalization setup which is based on 
the preferred embodiment shown in Fig. 1 . According to Fig. 2B, the adaptive pre- 
equalizer 15 generates an input signal x[k] for the transmitter circuitry 200, wherein 
10 the output signal y[k] of the transmitter circuitry 200 is supplied to a subtracter or 
comparison circuitry 130 to which the input data signal d[k] is also supplied in or- 
der to obtain the error value e[k] based on which the pre-equalizer 15 is controlled. 

The pre-equalization approach shown in Fig. 2B can be described based on the 
following equations: 

15 x[k] = d T [k]w[k] (1) 

y[k] = x T [k]-h[k] (2) 

In the above equations (1 ) and (2), w[k] denotes the coefficient or weight vector of 
the pre-equalizer 15, and h[k] denotes the transfer vector of the transmission cir- 
cuitry 200. 

20 Based on the above two equations (1) and (2), the error value e[k] can be obtained 
based on following equation. 

e[k] = d[k] - y[k] = d[k] - x T [k] . h[k] (3) 

Inserting equation (1)to equation (3) results in the equation: 

e[k] = d[k]-(D T [k].w[k]) T h[k] (4) 

25 According to the preferred embodiment of the present invention, the above equa- 
tion (4) with its two unknown vectors can be solved based on an approximation 
and a single adaptation processing. The approximation can be performed for a 
gradient vector of the error value e[k]. In particular, a least mean square (LMS) 
gradient vector can be determined. The starting point for the determination of the 
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gradient approximation is the above equation (4). The following equation describes 
a system cost function J{w[k]} used for the gradient approximation: 

J{w[k]} = E(e 2 [k]> = E((d[k] - y[k]) 2 > = E((d[k] - w T [k] ■ D[k] . h[k])*> (5) 

Consequently, the gradient vector of the error performance function can be ob- 
5 tained on the basis of a partial differentiation of the above system cost function. 
This leads to the following equation: 

V{E<e 2 [k]» = .2.E<e[k]xlk]> (6) 

wherein x~[k] denotes a direction vector of the gradient, which corresponds to an 
assessment of the data matrix D[k] with the transfer vector h[k] of the transmitter 
10 circuitry 200. This can be described on the basis of the following equation: 

x~[k] = D[k]. h[k] = h T • d[k - t] = d[k - x] < 7 > 

wherein the data matrix D[k] represents a transformation matrix, which rotates the 
non-ideal transfer vector h[kj of the transmitter circuitry 200, h x provides the ap- 
proximated analog filter transfer value, e.g. h T = 1 (while all other coefficients of the 
1 5 transfer vector are set to "0"). 

Fig. 3 shows an implementation example of the envelope error detection circuitry 
70 in Fig. 1 based on the adaptive pre-equalization setup scheme of Fig. 2B. It is 
noted that in Fig. 3, the envelope measurement circuit 60 and the analog/ 
digital converter 65 have been omitted for reasons of simplicity. Thus, the output 
20 value y[k] of the transmitter circuitry 200 corresponds to the digitized output value 
of the analog/digital converter 65. 

In Fig. 3 f the output signal y[k] is supplied to a subtraction circuit 71 which gener- 
ates the error value e[k]. This error value e[kj is supplied to an adaptation circuit 
72 arranged to determine an updated or new coefficient vector w[k + 1] for control- 
25 ling the pre-equalizer 15. Furthermore, an approximation circuit 73 is provided for 
approximating the transfer characteristic or transfer vector h[k] of the transmitter 
circuitry 200. Accordingly, the output signal of the approximation circuit 73 corre- 
sponds to the above signal vector x*"[k]. In view of the fact that the transfer vector 
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h[k] is approximated in the approximation circuit 73, only one unknown variable 
has to be determined in the adaptation circuit 72. 

In the following, the derivation of the pre-equalization coefficient vector w[k + 1] is 
described. 

5 The signal vector x~ [k] can be obtained by implementing a copy of the analog filter 
characteristic of the transmitter circuitry 200 in the approximation circuit 73. How- 
ever, this would also require an identification process of this analog filter charac- 
teristic. As an advantageous simplified solution, the approximation circuit 73 may 
be adapted to implement the filter characteristic of the transmitter circuitry 200 as 
10 a simple delay block or function. Then, the required delay value corresponds to the 
analog filter delay x, i.e. the position of the maximum filter peak of the analog filter 
characteristic of the transmitter circuitry 200. This maximum peak can then be re- 
placed by a value "1" in the transfer vector h[k], while the other vector components 
can be set to "0". 

1 5 The analog filter characteristic of the transmitter circuitry 200 can thus be ap- 
proximated by a simple FIR (Finite Impulse Response) filter with estimated coeffi- 
cient h T [k] = "1" and all other coefficients set to "0". 

This approximation leads to a simplification of the above equation (6), as follows: 



20 Based on the simplified equation (8), the coefficients of the pre-equalizer 15 can 
be updated on the basis of the following equation: 



Using the above approximation, a straight forward calculation or determination of 
the coefficients of the adaptive pre-equalizer 15 is possible in the adaptation circuit 



V{EV[k]>} = -2e[k].d[k-t] 



(8) 



w[k + 1] = w[kJ + M-e[k]-d[k-T] 



(9) 



25 72. 



Fig. 4 shows a more general flow diagram of the steps of the above adaptive pre- 
equalization scheme according to the preferred embodiment. 
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In step S101, a difference between the output signal y[k] of the equalized circuitry, 
i.e. the transmission circuitry 200, and the input signal d[k] of the equalizing func- 
tion of the pre-equalizer 15 is determined. This difference corresponds to the error 
value e[k] and may be based on a comparison of the signal envelopes as ex- 

5 plained earlier. However, any other signal parameter can be used for obtaining the 
difference. Then, in step S102, the transmission characteristic of the equalized 
circuitry is approximated. Here, any approximation can be applied so as to derive 
one of the two unknown variables in equation (4). Then, the input signal of the 
equalizing function is assessed with the approximated transmission characteristic 

0 (step S103). Based on the determined difference and the assessed input signal, a 
gradient of the difference is approximated e.g. based on equation (8) (step S104). 
Having derived the gradient of the difference, the control values or coefficients of 
the pre-equalizing function are updated in step S105 based on the approximated 
gradient. 

5 The present invention provides a proposal for an adaptive pre-equalization ap- 
proach which may be used e.g. for an analog filter characteristic of a transmitter 
circuitry or any other signal processing circuitry. The equalization is based on an 
approximation, e.g. an LMS approximation, and does not require a system identifi- 
cation process with respect to the analog filter characteristic, but approximates this 
characteristic by a simple delay block or any simplified transfer characteristic. 
Thereby, a highly flexible approach is provided, since variations in the characteris- 
tic of the transmitter circuitry 200 do not have to be taken into account. In fact, im- 
perfections are learned, a model is made, and the model is used in pre-distorting 
the signal before applying it to the transmitter chain. Thereby, even changes in the 
transmitted signal wave form due to transmitter imperfections can be compen- 
sated. The invention gives the freedom to accept or promote tighter specifications 
with respect to the magnitude of the error value or vector in future standards. Fur- 
thermore, multipath delay spread tolerance can be improved by reducing inter- 
symbol interference (ISI) which results from group delay equalization. The pro- 
posed adaptive low-complexity solution suites very well to volume production 
needs allowing larger tolerances for specifications. This may lead to an improved 
production yield. 

It is noted that the present invention is not restricted to the preferred embodiment 
described above but can be used in any signal processing circuitry for reducing 
signal distortions. The comparison can be performed for any signal parameter 
suitable to obtain a difference caused by distortions of the signal processing cir- 
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cuitry. The transfer characteristic of the signal processing circuitry can be ap- 
proximated by any suitable approximation. Similarly, the control values for control- 
ling the pre-equalizer may be obtained by any suitable approximation for obtaining 
a gradient of the difference value or error value. The pre-equalization may be 
5 adapted for use in heterodyne architectures or direct conversion architectures. It 
may as well be used for compensating amplitude imperfections, e.g. in-phase (I) 
and quadrature phase (Q) amplitude imperfections, for direct conversion architec- 
tures. The preferred embodiments may thus vary within the scope of the attached 
claims. 
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Claims 



5 

10 2. 
3. 

15 4. 
5. 

20 6. 
7. 
8. 

25 



A method of equalizing a transmission characteristic of a signal processing 
circuitry (200), said method comprising the steps of: 

a) obtaining a difference between an output signal of said signal process- 
ing circuitry (200) and an input signal of an equalizing function (15); 

b) approximating a gradient of said difference based on said obtained 
difference and an approximation of said transmission characteristic; and 

c) updating control values of said equalizing function (15) based on said 
approximated gradient. 

A method according to claim 1, wherein said approximating step comprises 
the step of calculating an approximation of a least mean square gradient 
vector of said difference. 

A method according to claim 2, wherein said gradient vector is calculated 
from a partial differential equation of a system cost function. 

A method according to any one of the preceding claims, wherein said differ- 
ence is obtained by comparing signal envelopes of said output and input 
signals. 

A method according to claim 4, wherein said input signal is a digital signal 
and said output signal is an analog signal. 

A method according to any one of the preceding claims, wherein said con- 
trol values are coefficients of an adaptive digital filter. 

A method according to any one of the preceding claims, wherein said 
transmission characteristic is approximated as a delay function. 

A method according to claim 7, wherein the delay of said delay function cor- 
responds to the position of the maximum analog filter peak of said trans- 
mission characteristic. 



9. 



A method according to claim 8, wherein said gradient vector is calculated 
using the following equation: 
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V{E} = -2e[k]d[k-T], 

wherein 

V{E} denotes said gradient vector, 
e[k] denotes said obtained difference, and 
5 d[k - t] denotes a vector representation of said input signal assessed by 

said delay approximation of said transmission characteristic. 

10. A method according to claim 9, wherein filter coefficients are updated in 
said updating step based on the following equation: 

w[k+ 1] = w[k] + Me[k] d[k-x], 

10 wherein 

w[k + 1] denotes a vector representation of updated filter coefficients, 
w[k] denotes a vector representation of current filter coefficients, and 
p denotes a predetermined proportionality factor. 

11. An apparatus for equalizing a transmission characteristic of a signal proc- 
15 essing circuitry (200), said apparatus comprising: 

a) comparing means (71) for obtaining a difference between an output 
signal of said signal processing circuitry (200) and an input signal of an 
equalizing means (15); 

b) approximation means (72) for approximating a gradient of said differ- 
20 ence based on said obtained difference and an approximation of said 

transmission characteristic; and 

c) updating means (72) for obtaining control values supplied to said equal- 
izing means (15), based on said approximated gradient. 

12. An apparatus according to claim 1 1 , wherein said comparing means (71 ) 
25 are arranged to compare said input and output signals based on their enve- 
lopes. 

13. An apparatus according to claim 11 or 12, wherein said approximation 
means (72) is arranged to approximate said transmission characteristic as a 
delay function and to approximate said gradient by using a least mean 

30 square approximation function. 
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14. An apparatus according to any one of claims 1 1 to 13, wherein said signal 
processing circuitry is a direct conversion or heterodyne transmitter archi- 
tecture (200). 



15. An apparatus according to any one of claims 1 1 to 14, wherein said appara 
5 tus comprises a digital pre-equalizer means (15). 
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